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Jun. 28, 1988 4.754,485 There are many text to speech devices in the prior art. As can be verified in the literature related to the prior art, it has been generally accepted that since the energy of typical human speech is distributed over a frequency spectrum of 5,000 hertz, a sampling rate of 10,000 samples per second (or twice the upper fre quency value of the accepted human speech frequency spectrum) provides sufficient points, or ordinate lengths, to generate an accurate analog waveform to represent a spoken version of the text. In fact such sam pling does provide an analog waveform to represent the spoken version of the text, but if the imitated speaker is a female, with a relatively high pitched voice, then the imitation speech generated by prior art devices is of poor quality. It is well understood in the speech simulation art that the sounds which are developed by opening and closing human vocal chords, (called voiced sounds as com pared to aspiration sounds and frication sounds) have a fundamental frequency in the range of 50 cps to 400 cps. The speech of a typical female, having a somewhat high pitched voice, in all probability emanates, at least in part, from vocal chords opening and closing with a frequency of somewhere between 160 cps to 400 cps. In considering the simulation of female speech, I have found that if a digitized glottal waveform, which is to be ultimately transformed into an analog signal, is sampled (for ultimate transformation into an analog signal) at the traditional rate of 10,000 samples per second and that waveform has been developed to provide a major com ponent in an imitation of female speech, the resulting female speech is of poor quality. I have further found that if the digitized, glottal waveform is generated so as to provide enough information (temporal accuracy in specification of fundamental frequency) to provide 40,000 samples per second, such a waveform provides the basis for improving the quality of the female speech being generated. Since the digital signal processor, used to generate the digitized glottal waveform, is limited in its ability to perform digital filtering at sample rates above 10,000 samples per second, the digitized glottal waveform (having information sufficiency to provide 40,000 samples per second) must be down sampled to the rate of 10,000 samples per second. In order to pre serve some of the advantages of increased information, the present system low pass filters the waveform to remove high frequency signal components and to pro vide a desirable averaging operation before sampling at the lower rate. Accordingly, the system provides the resulting waveform at 10,000 samples per second to be combined by software with waveforms from other sound sources. The down sampled waveform nonethe less has been the basis for very much improved quality of the generated female speech and slightly improved quality of the male speech.
SUMMARY
The present system includes a microprocessor which is adapted to receive ASCII signals from either a main computer through a UART, or the like, or from a local console. The microprocessor is programmed in accor dance with the Hunnicutt rules, whereby the ASCII signals representing text expressions are transformed 4,754,485 into phonemic sequences. The microprocessor is pro grammed to generate, in a preferred embodiment, some 18 parameters. The parameters, in a preferred embodi ment, are 16 bits in length, which are computed every 6.4 milliseconds and represent such speech qualities as voicing source amplitude, nasal zero frequency, first formant frequency, etc. The parameter values are gen erated through a program which takes into account the arrangement of the phonemes and the phonemes perse.
The parameter values are then transmitted to a high speed digital signal processor. In the high speed digital signal processor a set of equations are disposed in mem ory and a program is stored by which the parameter values control the additions and multiplications re quired to realize the signal transformations implied by the equations. The simulation of the equations provides a digitized glottal waveform, i.e. a model of a glottal pulse. Because the parameters are generated with fac tors that represent a vocal chord operation, to a high degree of temporal accuracy, and because of other fac tors commensurate with that consideration, the digi tized glottal waveform, generated in the high speed digital signal processor, includes sufficient information to provide 40,000 samples per second. It should be un derstood that any sampling rate greater than 20,000 samples per second will give improved results but I have found 40,000 samples per second to provide excel lent results. However, since the maximum sampling rate available for resonance filtering (within reasonable cost factor restraints) is on the order of 10,000 samples per second, the system employs two accommodating steps. First the digitized glottal waveform is subject to a pro grammed low pass filtering operation. In a preferred embodiment such a low pass filtering operation re moves signal components which exceed a frequency of 5,000 hertz. This of course reduces the information to be retained but removes information which the system does not want to represent. In addition, I have found that the low pass filtering operation provides a certain amount of desirable averaging of available point, or ordinate, values. After the digitized glottal waveform has been low pass filtered, the signals are down sampled at a rate of 10,000 samples per second. It should be understood that if proper equipment is employed, roughly the same results can be attained at down sam pling rates in the range of 6800 to 15,000 samples per second. I have found that even though the sampling rate is the same as the traditional rate, the fact that the origi nally developed digitized glottal waveform provided temporal accuracy in accordance with 40,000 samples per second enables the ultimate digitized glotta wave form to be combined with other sound source digitized waveforms and transformed into an improved analog waveform (that retains this temporal precision) and hence an improved speech experience.
The objects and features of the present invention will be better understood in view of the following descrip tion taken in conjunction with the drawing.
There are many text to speech devices and publica tions related thereto. April, 1983 and in particular all the publications and bibliographies re ferred to therein provide a broad review of the text to speech conversion art and many of the concepts with which I deal in this description.
It is well understood in the speech analysis art that sounds created by the opening and closing of human vocal chords are sounds which have a fundamental frequency in the range of 50 cps to 400 cps. Indeed the opening and closing of the vocal chords may operate at frequencies outside of that range, but in general the frequency range of 50 cps to 400 cps is considered ap propriate. In the prior art speech simulation devices, a great deal of effort has been spent in developing hard ware and software to build quality into the end product, namely the speech imitation. We have developed differ ence equations by which we can model the vocal tract; and we have developed software and hardware by which we can separately simulate different sound sources such as voicing, aspiration, and frication. How ever, through all of this effort little attention has been paid to the problem of the quality of simulated female speech as compared with the quality of simulated male speech and possibly the quality of all speech sources in between.
It is generally accepted that the vocal chords of a Consider the drawing. In the drawing there is shown a microprocessor 11, into which there are fed ASCII coded alphabetical letters. In a preferred, (a system there is taken into account the peculiarities of phonemes and the relationship of the phonemes with respect to one another. Rules for generating the parameters can be found in "Speech Synthesis by Rule", by J. N. Holmes, I. Mattingly and J. Shearne, published in Language and Speech, Vol. 7 (1964) . The parameters can vary from one embodiment to another, depending upon the detail to which the published rules are followed or the altering thereof in view of empirical considerations. The genera tion of the parameters is not basic to the present inven tion; the use of the rules is well understood by those skilled in the art; and in view of the publications men tioned above, no further discussion is deemed neces sary.
In a preferred embodiment the parameters are gener ated every 6.4 ms and transmitted from the micro processor 11 to the FIFO memory 19. The FIFO mem ory 19 isolates the high speed digital signal processor 21 from the relatively slower microprocessor 11. In a pre ferred embodiment the FIFO memory 19 is a model 74LS224 manufactured by Texas Instruments Corp. It should be understood that other forms of memory, or isolation circuitry, could be used.
The parameter expressions are transmitted to the high speed digital signal processor 21, whereat they are used through the program means 20 to control additions and multiplications in accordance with programmed simula tions of certain difference equations. In a preferred embodiment the DSP 21 is a model 32010 manufactured by Texas Instruments Corporation. It is understood in the art that certain difference equations can be simu lated to provide a model of the vocal tract. Those equa tions and the programmed routines to compute a rela tionship for those equations are described in my publi cation "Software For A Cascade/Parallel Format Syn thesizer' published in March, 1980, by the Acoustical Society of America. Since the difference equations, per se, are not fundamental to the present invention, no further discussion thereof is deemed necessary. The output of the equation simulation program is well un derstood and it should be recognized that it represents a digitized glottal waveform representative of some text.
I have determined that the digitized glottal waveform, (under the conditions of the present discussion) should be generated to provide enough information, i.e. enough 16 bit samples to enable a sampling rate of 40,000 samples per second. I have determined that 40,000 ordinate values, or 40,000 points, can provide an analog waveform signal which includes speech features heretofore not generated in imitating human speech. The foregoing is particularly true where the voiced sounds are generated from vocal chord operations at the high end of vocal chord frequency range. Such human speech is typically identified with a female. However, since the high speed digital signal processor 21 is limited in its total computation power to sampling and digital filtering at only 10,000 samples per second (and I know of no better sampling rate by an equipment at comparable costs), the digitized glottal waveform with increased information must be sampled at a slower rate, i.e. down-sampled.
Certain steps are taken to maintain the advantages of the increased information, i.e. the increased number of plottable points, or ordinate values, while nonetheless 4,754,485 5 sampling at the traditional and slower sampling rate. The system provides a second program means 23 in the digital signal processor which effects a low pass filter operation on the digitized glottal waveform. The rules and program steps necessary to software effect a low pass filter operation are found in the publication "Digi tal Signal Processing" by Oppenheim and Schafer, pub lished by Prentice Hall, 1975 . The technique of low pass filtering a digitized waveform is well understood in the art and is not, per se, basic to the present invention. Accordingly no further detailed discussion of the pro grammed low pass filter operation is deemed necessary. When the digitized glottal waveform has been subjected to the low pass filtering operation, there results a digi tized glottal waveform which has had signal compo nents whose frequencies exceed a certain threshold removed. In a preferred embodiment signal components whose frequencies exceed 5000 hertz are removed.
Other thresholds could be used.
I have discovered that this low pass filtering opera tion performs certain averaging functions and such averaging has proven to be useful in the end product. It should also be noted that since the low pass filtering operation has removed certain signal components, the amount of information retained has been reduced but the information removed is information that the system does not want to represent. Hence the value of the information remaining in the makeup of the digitized glottal waveform is enhanced.
The system next provides a third program means 25, which includes a program to select and transmit every fourth sample, i.e., every fourth group of 16 bits. The digitized glottal waveform is combined, in the wave form generator program means 20, with other sound source waveforms. Thereafter under the guidance of a fifth program 28 the combined signal is digital reso nance filtered to add peaks to the combined signal. Finally the combined digitized waveform is transmitted to the digital to analog converter 27. In a preferred embodiment the digital to analog converter is a model AD7541 manufactured by the Analog Devices Corpo ration.
In the digital to analog converter 27, the combined waveform is transformed into an analog waveform sig nal. It is well understood that in the transformation of digital signals to analog signals alias signals are always generated. The system employs an anti-aliasing filter 29 to remove alias signals, i.e. signals with frequencies in excess of 5000 hertz. The use of anti-aliasing devices is well understood and no further discussion is necessary.
Finally the combined waveform, now in an analog version, is transmitted to the speaker 31 whereat it ex cites the speaker to sound out the text in good quality, good imitation speech.
In a preferred embodiment the Motorola 68000 mi croprocessor is used because it has a 10-megahertz clock and, with 24 bit addressing, can address 16 mega bytes of memory. The digital signal processor selected is a Texas Instruments TM 32010 because of its capabil ity to execute fast mathematical computations. The memory means employed with the 68000 microproces sor, in a preferred embodiment, consists of 256k bytes of ROM and 48k bytes of RAM. 3. The system as defined in claim 1, wherein said second predetermined number is greater than said first predetermined number by at least a factor of 2.
4. The system as defined in claim 3, wherein said first predetermined number equals about 10,000 samples per second and said second predetermined number equals at least 20,000 samples per second.
5. The system as defined in claim 4, wherein said second predetermined number equals about 40,000 sam ples per second, and said means for down-sampling selects and transmits every fourth sample of said sev enth digital signals.
6. The system as defined in claim 1, wherein said means for low pass filtering removes components from said sixth digital signals having frequencies greater than 5,000 hertz. 
